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(54) Data transmission rate adaptation in a wireless communication system 



(57) In a wireless system comprising at least one 
transceiver configurable for communication over a wire- 
less communication channel, the transceiver compris- 
ing a transmitter and a receiver, a method for controlling 
a data transmission rate of the at least one transceiver 
comprises the steps of: (i) determining a signal quality 
characteristic corresponding to a signal received at the 



receiver by measuring a difference between one or 
more reference constellation points and one or more re- 
ceived constellation points, the signal quality character- 
istic representing an estimation of signal degradation; 
and (ii) modifying a data transmission rate of the trans- 
mitterbased. at least in part, on the signal quality char- 
acteristic. 
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Description 

[0001] The present invention relates generally to communication systems, and more particularly relates to controlling 
a data transmission rate in a wireless communication system. 

s [0002] In a conventional wireless communication system Including a pair of transceivers communicating with one 
another over a wireless communication channel, there are typically a number of different data transmission rates avail- 
able at which to transmit data. Generally, the higher the data rate, the more susceptible the system is to en'ors. Under 
certain circumstances, it is necessary to adapt the system to higher or lower data transmission rates, depending on 
environmental conditions. For example, noise on the communication channel, transceiver impainnents, etc., may ne- 

10 cessitate operation of the system at a lower data transmission rate. 

[0003] The Institute of Electrical and Electronics Engineers (IEEE) 802.11 standard addresses medium access con- 
trol over a wireless local area, network (WLAN). The IEEE 802.11 standard Is set forth in the document IEEE Std. 
802.11 , entitled Supplement to IEEE Standard for Information Technology - Telecommunications and Information Ex- 
change Between Systems - Local Metropolitan Area Networks - Spedfic Requirements - Part 1 1: Wireless LAN Medium 

IS Access Control (MAC) and Physical Layer (PHY) Specifications, 1999 Edition, which is incorporated herein by refer- 
ence. Additional extensions relating to the 802.11 standard, including IEEE Std. 802.11 a, entitled High Speed Physical 
Layer in the 5 GHz Band, Feb. 2000, and IEEE Std. 802. 11g, entitled Further HigherData Rate Extension in the2.4 
GHz Band, Sept. 2000, are also incorporated herein by reference. Rate adaptation in a wireless communication system 
operating In accordance with the 802.11 standard generally takes place In the transmitter at the MAC level. Known 

20 rate adaptation techniques typteally rety on infomnatton acquired through acknowledgment messages received after 
each correctly transmitted data packet. 

[0004] An acknowledgment message Indicates a correctly received packet, while an absence of an acknowledgment 
message is generally interpreted as an error. A determination as to whether to change the data rate in the transmitter 
can be made in response to the number of consecutive acknowledgments that are received. After a certain number of 

25 correctly received data packets, the transmitter typically attempts to switch to a higher data transmission rate. Similarly, 
after a certain number of consecutive errors, the transmitter attempts to switch to a lower data transmission rate. This 
conventional rate-swttching methodology, which is based on received acknowledgments, has the advantage of sim- 
plicity. However, It often adapts the data transmission rate of the transmitter to a value that is either too high or too low, 
thus undesirably impacting the throughput of the system. For example, switching to a lower data rate when, in fact, a 

30 higher rate can be supported by the system results in a significant throughput degradation. The sanhe is true when 
switching to a higher data rate than the system can support, thus resulting in a high packet error rate (PER), bit error 
rate (BER), or frame error rate (FER). 

[0005] There is a need, therefore, for an improved rate-switching technique for controlling the data transmission rate 
in a wireless communication system, which address the above-mentioned problems exhibited in conventional wireless 

35 communication systems. 

[0006] The present invention provides techniques for advantageously adapting a data transmission rate of a wireless 
communication system to varying conditions in the system. Such varying conditions may include, for instance, impair- 
ments in a wireless communication channel associated with the system, impairments in a transceiver communicating 
over the wireless communication channel, etc. According to the Invention, a decision regarding whether or not to change 

40 the data transmission rate of the wireless system is based, at least In part, on an estimation of signal degradation 
through the wireless communication channel. 

[0007] In accordance with one aspect of the Invention, in a wireless system comprising at least one transceiver 
configurable for communication over a wireless communication channel, the transceiver comprising a transmitter and 
a receiver, a method for controlling a data transmission rate of the at least one transceiver comprises the steps of: (i) 
45 determining a signal quality characteristic corresponding to a signal received at the receiver by measuring a difference 
between one or more reference constellation points and one or more received constellation points, the signal quality 
characteristic representing an estimation of signal degradation; and (ii) modifying a data transmission rate of the trans- 
mitter based, at least in part, on the signal quality characteristic. 

[0008] In accordance with another aspect of the invention, a transceiver configurable for communication over a wire- 
50 less communication channel and having a controllable data transmission rate comprises a receiver for receiving a 
signal from the wireless communication channel, a transmitter for sending a signal over the wireless communication 
channel, and a controller coupled to the receiver and transmitter. . 

[0009] These and other features and advantages of the present Invention will become apparent from the following 
detailed description of illustrative embodiments thereof, which Is to be read in connection with the accompanying draw- 
55 ings. 

FIG. 1 is a block diagram illustrating an exemplary wireless communication system in whk:h the techniques of the 
present invention may be Implemented. 



2 



EP 1 424 802 A2 

FIG. 2A is a block diagram depicting an illustrative methodology for determining a signal degradation (SD) indicator, 
in accordance with one aspect of the present invention. 

FIG. 2B Is a block diagram depicting an illustrative methodology for detenmlning an SD indicator, in accordance 
with another aspect of the invention. 
5 FIG. 3 is a graphical representation Illustrating simulation results of reference SD curves for varying signal-to-noise 

ratios (SNR) and time delay spread (IDS), in accordance with the present invention. 

FIG. 4 is a graphical representation illustrating simulation results of SD deviation for 50 and 1 00 nanoseconds (ns) 
TDS and varying SNRs, in accordance with the present invention. 

FIG. 5 is a graphical representation illustrating simulation results of system performance at different data rates, in 
10 accordance with the present invention. 

FIG. 6 is a graphical representation illustrating simulation results of lower and upper threshold SD levels, in ac- 
cordance with the present invention. 

FIG. 7 Is a state diagram depicting an exemplary rate switching methodology. In accordance with one aspect of 
the invention. 

15 

[0010] The present invention will be described herein in the context of an IEEE 802.11 compliant orthogonal frequency 
division multiplexing (OFDM) wireless communication system. It should be appreciated, however, that the present 
invention is not limited to this or any particular wireless communication system. Rather, the invention is more generally 
applicable to techniques for more optimally controlling a data transmission rate in a wireless system. Also, although 
^ particularly well-suited for use in conjunction with the IEEE 802.11 standard, the Invention can be used with other 
standards, as well as in non-standard systems. 

[0011] FIG. 1 depicts an exemplary wireless communication system 100 in which the methodologies of the present 
invention may be implemented. The exemplary wireless communication system 100 includes a pair of transceivers 
102 and 104 communicating with one another via a communication channel 106 established between the two trans- 

25 ceivers 102,104. Channel 106 may be a wireless communication link, such as, but not limited to, radio frequency (RF), 
infrared (IR), microwave, etc., although alternative communication media may be employed. Transceiver 102 preferably 
comprises a receiver 108 for receiving signals from the channel 106, and a transmitter 110 for sending signals over 
channel 106. Similarly, transceiver 104 comprises a receiver 114 and a transmitter 112. Receivers and transmitters 
suitable for use with the present invention are well known by those skilled in the art. Accordingly, a detailed discussion 

30 of such receivers and transmitters will not be presented herein. 

[0012] In accordance with the invention, a signal quality estimation of a received baseband signal can be useful for 
adapting the data transmission rate of transmissions over the wireless communication channel 106. Therefore, in 
accordance with one aspect of the invention, a signal degradation (SD) characteristic is preferably detemiined at a 
receiver side, exemplified by receiver 1 08, in a given transceiver, exemplified by transceiver 1 02. The SD characteristic, 

35 which represents an estimate of the signal quality through the communication channel 106. is made available to the 
corresponding transmitter 1 1 0 in the transceiver 1 02, since the transmitter typically sets the data transmission rate of 
transmissions over the channel 106. The receiver 108 preferably derives the SD characteristic by processing an in- 
coming message, which can be, for example, a data frame or a control frame (e.g., an acknowledgment message). 
Channel impairments which may undesirably affect the ability of a signal to pass through the channel include, for 

^0 example, co-channel interference, delayed signal interference, narrowband interference (e.g., from intermodulation 
products), thermal noise, etc. Assuming quasi-static symmetric channel transfer characteristics and transceiver im- 
painrnents, acknowledgment messages undergo essentially the same signal degradation as the actual data sent and 
thus will be substantially the same in quality. 

[001 3] In multi-carrier systems, as well as single-carrier systems, each received frame generally includes a preamble 
45 and/or header portion. The preamble is used primarily for synchronization purposes, while the header is primarily used 
for, among other things, specifying a length and rate of the payload data. Typically, the preamble and header are 
modulated and encoded in a fixed manner, which may be simple and robust in comparison to the payload data in order 
to ease synchronization and reception of the transmitted data frame. For example, in an IEEE 802.1 1 a/g OFDM multi- 
carrier system, the preamble and a SIGNAL field in the header may be modulated using binary phase shift keying 
50 (BPSK) and encoded using a binary convolutional code (BCC) rate one-half ()4) encoder. Since the SIGNAL field is 
always modulated and encoded in the same manner, this information can be advantageously used to derive an SD 
indicator that is substantially independent of the payload data. The SD indicator may be detemnined, for example, by 
measuring a Euclidean distance (i.e., a straight line distance) between known reference constellation points and re- 
ceived constellation points of the SIGNAL field, in accordance with the invention. The closer the received constellation 
S5 points are to the reference constellation points, the better the signal quality is, and vice versa. Other distance measures 
can also be used. 

[0014] In the illustrative embodiment of the invention, the reliability of the SD indicator depends on at least two factors, 
since the use of the SIGNAL field alone may limit the precision of the signal quality estimation methodology. Therefore, 
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in addition to use of the SIGNAL field, the signal quality estimation may also be based on, for example, an amount of 
variation and/or symmetry in the communication channel medium, or additional and/or alternative characteristics. A 
detemrii nation of the variation in the communication channel is useful in that a fast varying channel often causes the 
signal quality to change within a packet. Likewise, a detenmination of channel symmetry is useful in that an asymmetric 
5 channel tends to cause the signal quality of the transmitted packet to deviate from the received packet. A detailed 
description of the signal quality estimation methodology of the invention is presented below in the case of an exemplary 
IEEE 802.11 a/g multi-carrier system. For ease of explanation, a symmetric and constant communication channel over 
a given packet is assumed. 

[0015] As previously discussed, in conventional systems, adapting the data rate of the system primarily relies on 
10 infomnation acquired through acknowledgment messages received in response to a transmitted data packet. The data 
transmission rate of the communication channel is usually changed depending on the number of good or bad trans- 
mitted/received packets. On the transmitter side, a received acknowledgment message is interpreted as a correctly 
received packet, while the absence of a received acknowledgment is interpreted as an error. Typically, when a prede- 
fined number of packets are received with errors, the transmission rate is switched down by one rate level. This process 
IS continues until a valid acknowledgment is received. Similarly, increasing the transmission rate typically occurs after 
receiving a predefined number (e.g., five) of acknowledgments. In this instance, the transmitter generally attempts to 
send a packet at a higher transmission rate. When an acknowledgment is received, the transmitter will change to the 
higher rate, while absence of an acknowledgment will result in keeping the lower rate. 

[001 6] Using conventional rate-switching approaches, the transmission rate is often undesirably lowered too quickly, 

20 especially in high-density areas. This may be attributed to a higher probability of collisions occurring between different 
stations which often cause acknowledgment messages to be missed. As previously explained, a missed acknowledg- 
ment message is, in this case, incorrectly interpreted by the transmitter as an error, thus undesirably initiating the rate- 
switching procedure. Accordingly, the present invention advantageously provides an improved rate-switching method- 
ology which allows the system to more optimally switch the transmission rate over the channel and is more reliable 

25 than conventional rate-switching approaches. Moreover, the present invention is not limited to rate-switching in single 
level increments, but may selectively change the rate in larger (or smaller) Increments as desired. 
[0017] In an exemplary I EEE 802.1 1 a/g multi-carrier system, rate adaptation takes place inside the transmitter at a 
medium access control (MAC) layer. As previously stated, in accordance with an illustrative aspect of the invention, a 
representative SD indicator is detemiined, preferably at the receiver side, and is provided to the corresponding trans- 

30 mitter associated with a given transceiver. The SD indicator is a measure of signal quality corresponding to a received 
signal (e.g., a packet) and preferably estimates a condition of the communication channel at a given time. The receiver 
can measure the signal quality, for example, by processing an incoming message, which may include payload and/or 
acknowledgment data. When assuming quasi-static symmetric channel transfer characteristics and transceiver impair- 
ments, the processed message will undergo substantially the same degradation as the actual data sent, and thus the 

35 two will be substantially equal in terms of signal quality. The transmitter then bases its rate-switching decision, at least 
in part, on the SD indicator. 

[0018] FIG. 2A illustrates a block diagram of an exemplary circuit 200 for implementing a methodology (e.g., Signal 
Processing Worksystem (SPW) implementation) for computing the SD indicator, in accordance with one aspect of the 
invention. Circuit 200 may be implemented in the receiver of a given transceiver. Alternatively, circuit 200 may be 

<o implemented externally to the receiver, such as being incorporated into the transmitter or in a separate section of the 
transceiver, e.g., a controller (not shown). The SD indicator detennination methodology preferably involves measuring 
a Euclidean distance (I.e., straight line distance) between reference constellation points and received constellation 
points corresponding to the modulated input signal, although altemative techniques are also contemplated by the 
invention. As previously stated, the closer the received signal constellation points are to the reference constellation 

45 points, the better the signal quality is, and vice versa. For rate-independent processing, and for ease of explanation, 
only the SIGNAL field of a message is used in the SD indicator measurement. It is to be appreciated, however, that 
additional and/or alternative portions of the input signal may be used for computing the signal quality estimation, in 
accordance with the invention. According to the above-cited 802.11a and 802.11 g extensions to the 802.11 standard, 
the SIGNAL field includes 24 bits that are rate )4 coded and BPSK modulated, resulting in 48 samples located at phases 

50 of +1 or -1 , as will be understood by those skilled in the art. 

[0019] As apparent from the figure, input samples x associated with the SIGNAL field of a message are scaled by 
amplitude correction samples y (amplitude_cor) which represent an amplitude estimate of the channel and power 
droop, among other characteristics, at block 202. The scaling process in block 202 is performed, at least in part, to 
align the input samples x with corresponding reference samples. The scaled samples x/y are then fed to separate 

55 blocks 204 and 206 where they are compared with the reference samples at phases of+1 and -1 , respectively. The 
comparisons performed at blocks 204 and 206 may include, for example, summing the scaled samples with respective 
signals (1.0 + Oj) and (-1.0 + Oj) to generate respective error samples, each of whk:h may Include in-phase (I) and 
quadrature-phase (Q) components. 
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[0020] Magnitudes of the resulting error samples corresponding to phases +1 and -1 are subsequently computed at 
blocks 208 and 210, respectively. The magnitudes are preferably detemriined by taking a square root of the squared I 
and Q components, as known by those skilled in the art. The two error magnitude signals are compared at block 212 
to determine which signal path contains the smallest error magnitude. The output of block 212, which represents the 

5 minimum error magnitude value of the two signal paths, is then further processed. The minimum error magnitude value 
is then preferably stored, for example, in an array at block 214. Block 214 may include a serial-to-parallel converter, 
or alternative means, for storing and/or arranging the minimum error magnitude values corresponding to each of the 
samples in the packet. After all 48 bits of the SIGNAL field have been processed at block 214, the 48 magnitude values 
are then summed at block 216 and the resulting number may be used to represent the signal degradation. 

10 [0021 ] In FIG. 2B there is shown an alternative embodiment of the SD indicator computation circuit depicted in FIG. 
2A. The SD indicator circuit 250 is advantageous in that it can be more easily implemented in an integrated circuit (tC) 
device. As apparent from the figure, this implementation does not employ a divide operation (whteh is generally more 
difficult to implement) and has only one signal path, rather than two. A first simplification that can be perfomied is 
mapping all incoming samples to the positive half plane. This may be accomplished, for example, by converting the 

15 incoming samples of the SIGNAL field into real (Re) and imaginary (Im) components at block 252 and taking an absolute 
value of a real component at block 254. This simplification is justified because comparing a sample in the negative half 
plane with the negative (-1 ) reference point is the same, at least in tenns of magnitude, as comparing a mirrored version 
ofthis sample with the positive {+^) reference point. The absolute value of the real component, which is also a real 
component, is then preferably combined with the imaginary component at block 256 to generate a complex signal. 

20 Block 256 may be implemented in accordance with a real/imagtnary-to-complex converter, which may include, for 
example, a digital signal processor (DSP), as will be understood by those skilled in the art. 

[0022] Instead of comparing the incoming samples with +1 or -1 reference samples, which require scaling in front 
(as in the circuit of FIG. 2A), the incoming samples in exemplary circuit 250 are compared with an amplitude reference 
for that specific subcarrler at block 262. The comparison at block 262 may comprise subtracting the amplitude reference 

25 from the incoming samples. The signal representing the amplitude reference may be formed by combining a real 
component (Re) amplitude _refan6 an imaginary component (Im) 260 of the amplitude reference at block 258. Block 
258 may Include a real/imaginary-to-complex converter, which may be implemented in a manner consistent with block 
256 previously described. Further reduction in processing complexity may be achieved, for example, when the mag- 
nitude is approximated by a first order estimation or when the power is computed instead. The result of the comparison 

30 at block 262 is an error signal comprising I and Q components. A magnitude of the error signal is preferably obtained 
at block 264. The magnitude of the error signal may be computed by taking a square root of the squared I and Q 
components of the error signal, as will be understood by those skilled In the art. 

[0023] The error magnitude values corresponding to each of the samples in the SIGNAL field may be summed by 
an integrator 270 that is reset after each SIGNAL field. The integrator 270 may include a summation block 266 coupled 
35 to a delay block 268 which at least temporarily stores a previous magnitude value. After all 48 magnitude values 
corresponding to the 48 bits in the SIGNAL field have been summed by integrator 270. the resulting number may be 
used to represent the signal degradation. 

[0024] An alternative methodology for determining the SD indicator may comprise processing the SIGNAL field sam- 
ples as well as pilot samples. The pilot samples, like the SIGNAL field samples, are preferably BPSK modulated, and 

40 can therefore be processed in the same manner as the SIGNAL field samples. One advantage of this approach is that 
the signal degradation would be determined using more than only the 48 samples of the SIGNAL field, and therefore 
may result in a more accurate estimate of the signal quality of the corresponding packet. However, the pilot samples 
are always spaced substantially the same in frequency, at least in an illustrative 802.11 implementation. It is to be 
appreciated that other communication systems may use pilot samples that are spaced differently in frequency through- 

45 out various symbol packets. Consequently, assuming only pilot samples are employed, the resulting SD indicator would 
only estimate the signal degradation relating to those specific frequencies and may therefore be undesirably affected 
by frequency selective fading. Computing the SD indicator using all frequencies would not be as prone to frequency 
selectiye fading. For at least this reason, a detemriination of the SD Indicator based on pilot samples alone may not be 
preferred. 

50 [0025] By way of example only, simulation results for the illustrative SD indk:ator circuit 200 depicted in FIG. 2A will 
now be described. Although the alternative circuit 250 shown in FIG. 2B may provide somewhat different simulation 
values, the conclusions drawn herein maybe similarly applicable to both illustrative embodiments. For obtaining the 
exemplary simulation results described herein, the incoming signal comprises a SIGNAL field and data samples, with 
pilot samples already removed. 

55 [0026] FIG. 3 is a graphical representation 300 illustrating exemplary simulation results of reference SD curves for 
varying signal-to-noise ratios (SNR) and time delay spread (TDS) values in order to detenmine corresponding reference/ 
mean SD value for specific SNRs and TDSs. in accordance with the invention. The exemplary simulation is carried 
out over 200 packets for several different SNR values (e.g., 6. 8, 10, 12, 14, 16, 18, 20, 22, 24. 26, 28 and 30 decibel 
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(dB)) and TDS values (e.g., 0 ns, 50 ns and 1 00 ns). It is to be appreciated that the number of packets is arbitrary and 
may be chosen so as to provide an acceptable balance between sample size and simulation speed. 
[0027] The SIGNAL field of each packet may be processed according to the exemplary SD indicator determination 
methodology shown in FIG. 2A. This will result in 200 different SD values for each different SNR value. The reference 

5 mean SD value for a given SNR may be computed by averaging these 200 SD values. FIG. 3 shows three reference 
SD curves 302, 304 and 306 corresponding to three different TDS values, namely, 0 ns, 50 ns and 1 00 ns, respectively. 
Each of the reference SD curves is graphed with respect to the above-noted range of SNR values. As apparent from 
the figure, there is about a 4 dB difference in SNR between curve 302 (0 ns TDS) and curve 306 (1 00 ns TDS) for an 
SD value of about 5. This implies that a system not suffering from TDS can handle about 4 dB more SNR than a system 

10 suffering from 100 ns TDS, both resulting in substantially the same SD. The difference in SNR between curves 302 
and 306 increases slightly for lower SD values compared to higher SD values. Ideally, the SD of the SIGNAL field 
would perfectly match the SD of the total packet. However, this may not be the case in practice since the SIGNAL field 
represents just a portion of the total packet. 

[0028] By way of example only, FIG. 4 is a graphical representation 400 illustrating simulation results of SD deviation 
15 for a TDS of 100 ns and varying SNRs, in accordance with the invention. From the simulation results, it can be seen 
how accurately the SIGNAL field represents the total packet. The exemplary simulation is performed over 1 00 60-byte 
BPSK-modulated packets, which gives 21 payload symbols. When each payload symbol is processed in the same 
manner as the SIGNAL field symbol, this results in an SD value for the total packet after averaging over all symbols. 
The total length of a packet in samples Is detemnined as: 

20 

(21 payioad symbols + 1 SIGNAL field symbol) x 48 = 1056 samples 

Since a static channel per packet is assumed, incresising the number of samples does not provide any significant 
25 additional information. 

[0029] From the simulations, it can be shown that the distribution of the SIGNAL field SD compared to the total packet 
SD may be approximated by a nonnat distribution function. As will be understood by those skilled in the art, a property 
of the probability density function (PDF) of a nomnal distribution is that about 95 percent of its samples lie within a ^ ± 
20 boundary, where \l may be defined herein as the mean and q may be defined as the standard deviation of the 
30 distribution. The mean p. may be normalized to zero for every SNR and TDS value, but the standard deviation o is 
different. For a specific SNR and TDS value, there exists an SD reference value, and for that same SNR and TDS 
value, there is a standard deviation a between the SIGNAL field SD and the total packet SD. Since the mean p. is zero, 
the standard deviation may be directly mapped to the SD reference values. 

[0030] With continued reference to FIG. 4, the SD reference values ± 2a are shown for exemplary simulations with 
35 a TDS of 1 00ns and SNR values ranging from 6 dB to 30 dB. Reference SD curves 402 and 404 for a TDS of 50 ns 
and 100 ns, respectively, are also shown. These curves 402, 404 are the same as reference curves 304 and 306, 
respectively, shown in FIG. 3. The ± 2a boundaries 406, 408, 410, 412, 414 and 416 for a specific reference SD value 
can be correlated to the SNR axis. The resolution of the SD may be defined as a difference in SNR value between the 
boundaries ± 2a. As apparent from the figure, the different SD distribution regions may overtap, which implies that the 
40 resolution of the SD in this case is more than 4dB SNR. Furthermore, the resolution for higher SD values is worse than 
the resolution for lower SD values. For instance, the SD resolution at an SD value of 6.81 is about 4 dB SNR, while 
the SD resolution at an SD value of about 34 is over 6 dB SNR. 

[0031] Further iniformation, upon which a data rate-switching decision may be based, can be obtained from the sim- 
ulation results by conrelating the SD to system performance (e.g., packet error rate (PER)) curves. FIG. 5 depicts 

45 exemplary simulated system perfonnance curves a, b, c, d, e, f, g and h at data rates of 6, 9, 12, 18, 24, 36, 48 and 
54 megabits per second (Mbps), respectively, in accordance with the invention. The exemplary simulation results were 
obtained for 1000 byte packets in a fading channel with a TDS of 50ns. As apparent from the figure, for a minimum 
PER of 5 percent (%) at a data rate of 54 Mbps, the SNR should be greater than about 26.5 dB. As shown in FIG. 3, 
an SNR of 26.5 dB for a TDS of 50 ns corresponds to a reference SD value of about 3.4. This suggests that, on average, 

50 an SD value of 3.4 should result in a 5 % PER for a data rate of 54 Mbps. 

[0032] Assume that an SD value of 3.4 results in a 5 % PER at a rate of 54 Mbps, as noted above. Based on the 
exemplary simulation results, this implies that a measured SD value of 3.4 or lower is sufficient to achieve at least a 5 
% PER for that specific data rate. However, as previously shown, the measured SD value may differ from the total 
packet SD, and therefore employing a predetennined safety margin is recommended. 

55 [0033] In conjunction with FIG. 4, exemplary simulation results were used to measure a deviation between the SD 
of the SIGNAL field and the SD of the total packet, from which a resolution bandwidth can be determined. These 
exemplary simulations illustrate that the resolution is worse for higher TDS values. The resolution results for the SD 
at a TDS of 1 00 ns can thus be seen as a worst case scenario for the resolution of the lower TDS SD reference curves. 
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Adding half of the resolution bandwidth to the SNR that yields a 5 % PER for a specific data rate results in an SD value 
which may be said gives at maximum a 5 % PER with a certainty of 97.5 %. Subtracting half of the resolution bandwidth 
results in an SD value which may be said gives at minimum a 5 % PER with a certainty of 97.5 %. Accordingly, the 
two derived SD values may be seen as upper and lower threshold levels, respectively, for this specific data rate. 
5 Columns 4 and 5 of Table 1 below provide exemplary lower and upper threshold values, respectively, for corresponding 
data rates. These results are presented graphically in FIG. 6. 



Table 1 



10 



IS 



Data Rate (Mbps) 


SNR @ 5 % PER (dB) 


Resolution (dB) 


Lower threshold SD 
Value 


Upper Threshold SD 
Value 


54 


26.5 


4.0 


2.6 


4.2 


48 


24.5 


4.5 


3.3 


5.3 


36 


20.75 


5.0 


4.8 


8.4 


24 


15.5 


5.5 


8.5 


16.0 


12 


10.25 


6.0 


15.2 


30.0 


6 


7.0 


8.0 


19.6 





20 

[0034] FIG. 7 is a state diagram of an illustrative rate-switching methodology 700, fomied in accordance with one 
aspect of the present invention. The illustrative rate-switching methodology 700 employs an SD indicator which may 
be detemiined as previously described herein. As shown in the figure, the illustrative rate-switching methodology pref- 
erably includes three states, namely, a "Current Rate" state 702, a "Higher Rate" state 704, and a "Lowier Rate" state 
25 706. Additional or alternative states are contemplated by the present Invention. It is assumed that the method begins 
In state 702. In state 702, a current data rate remains the same and a lower threshold level L_Th and upper threshold 
level UJTh are set to the respective threshold levels of the corresponding current data rate. 

[0035] When the measured SD value, as may be provided by the SD indicator, Is greater than or equal to the current 
lower threshold level and less than or equal to the current upper threshold level, the exemplary method 700 remains 

30 in state 702, thereby leaving the data transmission rate unchanged. When the measured SD value is below a lower 
threshold level corresponding to a higher data rate, a rate up-switching is performed. Thus, in accordance with an 
Illustrative aspect of the invention, switching up a rate is perfomned by comparing the current SD value with the lower 
threshold values of one or more higher data rates. When the current SD value is below one of the lower threshold 
values associated with the higher data rates, the current data rate switches to the highest diata rate meeting this criteria. 

35 In this manner, it Is possible to advantageously increase the data rate by more than one step. In this example, the 
method 700 enters state 704. In state 704, the current data rate is preferably set equal to the higher data rate, and the 
upper threshold level is set to the respective threshold level of the corresponding higher data rate. Since the higher 
data rate essentially becomes the current data rate, the method may re-enter state 702 after completing the above- 
noted modifications. 

40 [0036] Rate down-switching may still rely on the occurrence of errors, but also preferably bases such rate-switching 
decision on past measured SD information. For example, the method may enter state 706 via a primary decision path 
708 when a predetermined number of consecutive errors (e.g., two) are detected and when a predetermined number 
of past measured SD values are eibove the upper threshold level corresponding to the current data rate. In state 706, 
the current data rate may be set to a lower data rate and the upper threshold value may be set to the respective 

45 threshold level corresponding to the lower data rate. As in the rate up-switching case, the lower data rate essentially 
becomes the current data rate, and thus the method 700 may re-enter state 702. In accordance with one aspect of the 
invention, rate down-switching, in a manner similar to the rate up-swItchIng methodology previously described, may 
Involve decreasing the data rate by more than one step. 

[0037] The illustrative method 700 assumes that a rapid SD change does not occur. Therefore, when the predeter- 
50 mined number of errors is detected, which would otherwise necessitate switching to a lower data transmission rate, 
but past measured SD values are below the upper threshold level for the current data rate, the method may choose 
to keep the current data rate unchanged. In such a situation, the detected errors may be attributed to collisions rather 
than to degraded channel conditions. 

[0038] To avoid a potential deadlock situation, wherein a relatively large number of consecutive errors are detected 
55 (thus reducing system throughput) but past measured SD values are still below the upper threshold level corresponding 
to the current data rate, the method may include a secondary decision path 710 from state 702 to state 706. This 
secondary path 710 may base the rate down-switching decision only on the number of consecutive errors detected, 
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rather than on past measured SD values as well. For example, when a preset number of consecutive errors occur (e. 
g., five), the method may automatically enter state 706, thus lowering the data rate without checking past SD values. 
TTie number of consecutive errors detected for the secondary decision path 71 0 is preferably set to be larger than the 
number of errors detected for the primary decision path 708. 

5 [0039] Simulations where the measured SD value is averaged over more than one packet can also be performed. 
In this instance, the lower and upper threshold levels may be closer together, which may make it easier to distinguish 
between the different data rates, at the expense of slower rate switching. However, when averaging over more than 
one packet, it is important to consider the length of time between successive packets. When the time between packets 
is large, channel conditions can change drastically, resulting in an SD value that does not accurately estimate the actual 

10 channel conditions. 

[0040] From the above exemplary simulations, it follows that a decision can be made for rate-switching on the basis 
of the measured SD value. In accordance with another aspect of the invention, a less stringent definition of the SD 
resolution may result in relaxation of the upper and lower threshold levels. However, this may yield a less reliable rate 
estimation for the specific criterion of 5 % PER. An alternative approach to relaxing the threshold levels may be to 

15 adopt a less stringent PER criterion, for example, a 10 % PER rather than a 5 % PER. 

[0041] In accordance with another aspect of the invention, a circuit for controlling the data transmission rate of the 
transceiver may include a controller (not shown) that is configurable for performing at least a portion of the methodol- 
ogies of the Invention described herein. The temn controller, as used herein, is intended to include any processing 
device, such as, for example, one that includes a central processing unit (CPU) and/or other processing circuitry (e. 

20 g., microprocessor). Additionally, it is to be understood that the tenm "controller" may refer to more than one controller 
device, and that various elements associated with a controller device may be shared by other controller devices. 
[0042] Although illustrative embodiments of the present invention have been described herein with reference to the 
accompanying drawings, it is to be understood that the invention is not limited to those precise embodiments, and that 
various other changes and modifications may be made therein by one skilled in the art without departing from the scope 

25 of the appended claims. For example, the invention can be used with standards other than IEEE 802.11 (e.g., IEEE 
802.15), as well as in non-standard appfications. 



Claims 

30 

1 . In a wireless system comprising at least one transceiver configurable for communication over a wireless commu- 
nication channel, the transceiver comprising a transmitter and a receiver, a method for controlling a data trans- 
mission rate of the at least one transceiver, the method comprising the steps of: 

35 determining a signal quality characteristic corresponding to a signal received at the receiver by measuring a 

difference between one or more reference constellation points and one or more received constellation points, 
the signal quality characteristic representing an estimation of signal degradation of a signal transmitted by the 
transmitter; and 

modifying a data transmission rate of the transmitter based, at least in part, on the signal quality characteristic. 

40 

2. The method of claim 1 , wherein the step of detemriining the signal quality characteristic comprises the steps of: 

measuring a difference between one or more reference constellation points and one or more received con- 
stellation points for at least one of data samples and control samples corresponding to the received signal; arid 
45 averaging at least a portion of the measured differences over a plurality of one of data samples and control 

samples of the received signal, the signal quality characteristic being a function of the resulting averaged 
difference. 

3. The method of claim 2, wherein the step of measuring the difference comprises the steps of: 

50 

aligning the one or more received constellation points with the one or more corresponding reference constel- 
lation points; 

generating error signals for each of at least a portion of the data samples in the received signal, the error 
signals being a function of the differences between the received constellation points and the corresponding 
55 reference constellation points; and 

determining a magnitude of the error signals, the magnitude of the error signals representing the measured 
difference. 
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The method of claim 2, wherein the step of measuring the difference between one or nnore reference constellation 
points and one or more received constellation points comprises the steps of: 

converting the received signal into at least a real component and an imaginary component; 

combining the imaginary component of the received signal with an absolute value of the real component to 

generate a complex signal; 

measuring a difference between the complex signal and an amplitude reference signal for a corresponding 
subcarrier of the received signal; and 

detemiinlng a magnitude of the difference between the complex signal and the amplitude reference signal, 
the magnitude representing the measured difference between the one or more reference constellation points 
and the one or more received constellation points. 

The method of claim 2, wherein the step of averaging at least a portion of the measured differences comprises 
the steps of: 

determining minimum error magnitudes for each of at least a portion of the plurality of data samples, the 
minimum error magnitudes corresponding to one of at least first differences corresponding to a first phase of 
the data samples and second differences corresponding to a second phase of the data samples; 
storing at least a portion of the minimum error magnitudes; and 
summing the stored minimum error magnitudes. 

The method of claim 2, wherein the step of averaging at least a portion of the measured differences comprises 
the step of adding a difference value corresponding to a present data sample of the received signal and a difference 
value corresponding to a previous data sample of the received signal. 

The method claim 1. wherein the step of modifying the data transmission rate of the transmitter comprises the 
steps of: 

determining lower and upper threshold levels representing reference minimum and maximum signal quality 
characteristics, respectively, corresponding to the data transmission rate; 
measuring a signal quality characteristic of the received signal; 

determining whether the measured signal quality characteristic is within the lower and upper threshold levels; 
maintaining the data transmission rate when the measured signal quality characteristic is between the lower 
and upper threshold levels; and 

increasing the data transmission rate when the measured signal quality characteristic is less than one or more 
lower threshold levels associated with one or more corresponding higher data rates. 

The method of claim 1 , wherein the step of modifying the data transmission rate comprises the steps of: 

determining lower and upper threshold levels representing reference minimum and maximum signal quality 
characteristics, respectively, corresponding to one or more data transmission rates; 

storing at least one measured signal quality characteristic corresponding to a previous received signal sample; 
detecting a number of consecutive errors associated with the at least one transceiver; 
maintaining the data transmission rate when the measured signal quality characteristic is between the lower 
and upper threshold levels; and 

decreasing the data transmission rate when the at least one stored measured signal quality characteristic is 
greater than at least one of the upper threshold levels and the number of detected errors is greater than a first 
number. 

A circuit for selectively adapting a data transmission rate of a wireless communication system, the wireless com- 
munication system comprising a transceiver configurable for communication over a wireless communication chan- 
nel, the transceiver comprising a receiver and a transmitter, the circuit comprising: 

at least one controller, the at least one controller being operative to: (i) determine a signal quality characteristic 
corresponding to a signal received at the receiver by measuring a difference between one or more reference 
constellation points and one or more received constellation points, the signal quality characteristic representing 
an estimation of signal degradation through the wireless communication channel; and (ii) modify a data trans- 
mission rate of the transmitter based, at least In part, on the signal quality characteristic. 
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10. An integrated circuit comprising at least one circuit for selectively adapting a data transmission rate of a wireless 
communication system, the wireless communication system comprising a transceiver configurable for communi- 
cation over a wireless communication channel, the transceiver comprising a receiver and a transmitter, the at least 
one circuit comprising: 

5 

at least one controller, the at least one controller being operative to: (i) detemilne a signal quality characteristic 
corresponding to a signal received at the receiver by measuring a difference between one or more reference 
constellation points and one or more received constellation points, the signal quality characteristic representing 
an estimation of signal degradation through the wireless communication channel; and (ii) modify a data trans- 
10 mission rate of the transmitter based, at least In part, on the signal quality characteristic. 
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FIG. 1 
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FIG. 3 
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FIG. 6 
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